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Claims 

1 . Signal-processing device (1) with an analogue-to-digital converter (3) 
for the generation of a digital input signal (Sde) from an analogue input signal (S A e)> 
with an intermediate memory (11) for intermediate storage of the digital input signal 
and a digital signal -processing unit (10) for the digital processing of the digital input 
signal (Sde) and for the generation of a digital output signal (Sda), 

characterised in that 

the signal-processing unit (10) can be switched by means of a switching unit 
(5, 9, 12, 13) in such a manner that the signal -processing unit (10) is series-connected 
optionally either to the intermediate memory (1 1) or, by-passing the intermediate 
memory (1 1), to the analogue-to-digital converter (3). 

2. Signal-processing device according to claim 1, 
characterised in that 

a resampler (8), which converts the sampling rate /adc of the analogue-to- 
digital converter (3) to a lower sampling rate fR es of the signal-processing unit (10), is 
connected upstream of the signal-processing unit (10). 

3. Signal-processing unit according to claim 2, 
characterised in that 

the resampler (8) has an input low-pass filter (22), of which the unilateral pass 
bandwidth is 0.2 - 0.3 of the sampling rate //?ej of the signal-processing unit (10). 

4. Signal-processing device according to any one of claims 1 to 3, 
characterised in that, 

an up-sampler (20), which inserts a predetermined number of zero values in 
each case between adjacent sampling values, is arranged between the intermediate . 
memory (11) and the signal-processing unit (10). 


11 


5. Signal-processing device according to claim 4, 
characterised in that 

a switching device (21), with which the up-sampler (20) can be bridged, is 
provided. 

5 

6. Signal-processing device according to any one of claims 1 to 5, 
characterised in that 

the digital input signal (Sde) is transferred between the analogue-to-digital 
converter (3) and the intermediate memory (1 1) on a data bus (15) with an enlarged 
10 word width and reduced transfer rate. 

7. Signal-processing device according to claim 6, 
characterised in that 

a packer (6), which increases the word width of the data words of the digital 
15 input signal (Sde)> is arranged between the analogue-to-digital converter (3) and the 
intermediate memory (11). 

8. Signal-processing device according to claim 7, 
characterised in that 

20 an unpacker (16), which reduces the word width and restores the original word 

width of the data words of the digital input signal (Sde), is arranged at the output of 
the intermediate memory (11). 

9. Signal-processing device according to any one of claims 1 to 8, 
25 characterised in that 

the digital output signal (Sda) of the signal-processing device (1) is transferred 
via an output memory (17) to a host computer (23), with which the signal-processing 
device (1) co-operates. 


30 
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S102 a check must be carried out to determine whether an 
over-range has occurred instead, i.e., a change from 
polyphase p 10 in "range 2", with an additional delay of 10 ns 
in this example caused by the interpolation, to polyphase p 0 
in "range I" from FIG. 8 with an additional delay of 0.5 ns 
caused by the interpolation. If this is not the case, then the 
llow diagram again branches to stage S100. 

[0043] However, if an over-range is indeed present, only 
the write pointer, but not the read pointer of the memory 
element 2 will be adjusted in stage S103. As a result of this 
measure, the delay caused by the memory element 2 is 
prolonged. 

[0044] At the same time, the slide registers of a half-band 
filter 4 and the delaying elements 6j, 6 Z and 6 3 of the 
polyphase filter 5 must be deactivated, so that these do not 
continue to shift by one clock pulse. After a second inter- 
polation has been carried out in the same range 20 in FIG. 
IB with the new polyphase, the flow diagram again branches 
to stage S100. 

[0045] By contrast with the above, if it is determined in 
stage S101 that an under-rangc is present, then, initially in 
stage S L04, which corresponds to FIG. 4, a sampled value 
S i0 (k) is loaded into the register 30 instead of into the 
memory clement 2. In this context, the write pointer of the 
memory element 2 is naturally not adjusted. However, since 
a sampled value is read out from the memory element 2 at 
the same time, the read pointer must be adjusted. As a result 
of this measure, the delay caused by the memory element 2 
is reduced. Stage SI 04 is represented in FIG. 4. 

[0046] In stage S 105, which corresponds to FIG. 5, in the 
next system-clock pulse, both the write pointer and the read 
pointer are adjusted, but the next sampled value to be written 
into the memory element 2 is provided with a marking. 

[0047] In stage S106, normal operation is continued until 
it is determined in stage S107 that the marking has arrived 
at the output of memory element 2. This means that the 
additional value stored in the register 30 together with the 
sampled value x(k) present at the output of the memory 
element 2 can now be supplied to the delaying element 6 2 of 
the polyphase filter 5 via the half-band filter 4 and the 
multiplexer 7 5 , as illustrated in FTG. 6. Tbe polyphase is 
changed from 0 ns to 10 ns. 

[0048] It must still be pointed out that the runtime of the 
marked sampled value through the memory element 2 is 
irrelevant, because the system -clock pulse is substantially 
greater than the time change in the delay time. In other 
words, for a given polyphase, a large number of sampled 
values are interpolated, before changing to the next 
polyphase. Within this time, the marked sampled value will 
have arrived at the output of tbe memory element 2 with a 
high degree of certainty. In FIGS. IB and 1C, the changes 
in the delay time are illustrated in an exaggerated manner 
merely for improved illustration. 

[0049] The invention is not restricted to the exemplary 
embodiment presented. For example, as already mentioned, 
instead of marking, another procedural control could moni- 
tor when the sampled value, which follows the sampled 
value stored in the register 30, has arrived at the output of 
tbe memory element 2. 


1. Signal delaying device (I) for the dynamic delaying of 
a digitally sampled input signal with a memory element (2) 
and a scries connected interpolation clement (3), wherein, a 
register (30), which can be connected to the output side of 
the interpolation element (3) for the intermediate storage of 
at least one sampled value (S ln (k)) of the input signal, is 
arranged in parallel to the memory element (2). 

2. Signal delaying device according to claim 1, charac- 
terized in that a marking device (31) is provided, which, 
after a sampled value (S in (k)) of tbe input signal has been 
placed in intermediate storage in the register (30), adds a 
marking to the next sampled value (S^Ck+l)) of tbe input 
signal stored in the memory element (2). 

3. Signal delaying device according to claim 2, charac- . 
tcrized in that the interpolation element (3) checks whether 
the marking has arrived al tbe output of the memory element 
(2), and following this, reads out a sampled value (x(k)) 
from the memory clement (2) and also a sampled value from 
the register (30). 

4. Signal delaying device according to any one of claims 
1-3, characterized in that the interpolation element (3) 
comprises a polyphase filter (5). 

5. Signal delaying device according to claim 4, charac- 
terized in that the interpolation element (3) comprises a 
half-band filter (4), which is arranged between the memory 
element (2) and the register on one side, and the polyphase 
filter on the other side. 

6. Method for tbe dynamic delaying of a digitally sampled 
input signal with the following procedural stages: 

storage of tbe sampled values of the input signal in a 
memory element (2), 

reading out of the sampled values (S^k)) from the 
memory element (2), 

interpolation of the sampled values (x(k)) read out from 
the memory element (2), wherein 

whenever the range (19) defined by two successive 
sampled values (x(k-4), x(k-3)) is neither undercut nor 
exceeded in the interpolation, one sampled value 
(S^)) is placed into the memory element (2) and one 
sampled value (x(k)) is read out from the memory 
clement (2), 

whenever the range (20) defined by two successive 
sampled values (x(k-4), x(k-3)) is exceeded in the 
interpolation, no new sampled value (x(k)) is read out 
from the memory element (2), 

before the range (21) defined by two successive sampled 
values (x(k-4), x(k-3)) is undercut in the interpolation, 
a sampled value (S^)) of the input signal is placed in 
intermediate storage in a register (30) arranged in 
parallel to the memory element (2), the next sampled 
value (S jTX (k+l)) of the input signal stored in the 
memory element (2) is marked, and a sampled value 
from the memory element (2) and also the sampled 
value placed in intermediate storage in the register (30) 
are read out, whenever the marked sampled value 
arrives at the output of the memory element (2). 

7. Method according to claim 6, characterized in that the 
range (20) defined by two successive sampled values (x(k- 
4), x(k-3)) is exceeded, if at least two interpolation values 
(S oul fk-3), S^k-2)) produced by the interpolation fall 
within this range (20). 
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8. Method according to claim 6 or 7, characterized in that 
the range (21) defined by two successive sampled values 
(x(k-4), x(k-3)) is undercut in the interpolation, if no 
interpolation value produced by the interpolation falls within 
this range. 

9. Method according to any one of claims 6-7, character- 
ized in that storage in the memory element (2) takes place by 
means of a write pointer, and reading out from the memory 
element (2) takes place by means of a read pointer, wherein 
the write pointer and the read pointer in each case point 
towards a given memory cell of the memory element, 

wherein the write pointer and also the read pointer are 
adjusted if the range (19) defined by two successive 


sampled values (x(k-4), x(k-3)) is neither undercut nor 
exceeded in the interpolation. 

10. Method according to claim 9, characterized in that 
only the write pointer but not the read pointer is adjusted, if 
the range (20) defined by two successive sampled values 
(x(k-4), x(k-3)) is exceeded in the interpolation. 

11. Method according to claim 9 characterized in that only 
the read pointer but not the write pointer is adjusted, if a 
sampled value is stored in the register (30). 

12. Method according to claim 9, characterized in that 
both the write pointer aDd also the read pointer are adjusted, 
if a sampled value is read out from the register (30). 

***** 
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[0121] which permits these statements: 

f > MES9.tin m ^tni^DUT^\d m ^tta * G sw (34) 
*MHSR,Nol«"**7"e*«' B m'^dot^mH^^m'^i (35) 

[0122] whence the following Ls derived: 

t F ™ _ ~ (36) 

** = 7~H n * 'our 

- PuESS^ut _ (37) 

■V' = — ~ °flt/r 


[0123] The bandwidth of the measuring apparatus B M 
must be knowu exactly. With modern measuring apparatuses 
this is no problem, since the baudwidths are produced either 
entirely digitally or are calibrated. 

[0124] In the following, a more precise determination of 
the noise, temperature T DUX of the object to be measured 2 
is given with consideration paid to a calibration made prior 
to the measurement. 

[0125] Given the following described items in FIG. 8 and 
FIG. 9: 


**> 

level of the sine reference source 1 


measured sine level at the calibration 


measured sine level at the measurement 

p 

'CAUimiu 

measured noise power at the calibration 


measured noise power at the measurement 


amplification of the object to be measured 2 

Rout 

band width of the object to be measured 2 

Ct m 

amplification of the measurement apparatus (level meter) 3 

B m 

bandwidth of the measurement apparatus (level meter) 3 


[0126] The following equations can be established: 


P CAL^to"^ iio'^M (38) 
f MESSjor^'(^DUT'Gvi)"^bl' G 8» W 

P^s^^^B M (G &vr G M )^T^D M G^ (41) 


[0127] The noise power of the entire system permits the 
following to be presented: 
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[0129] The invented procedure and the apparatus enables 
a very accurate measurement for both the noise temperature 
as will and the amplification of the object to be measured. 
Further it is of advantage, that the noise value magnitudes 
can be measured even at a high excitation of the object to be 
measured. For instance, an amplifier in the full modulated 
state can be measured, which is not possible with the 
procedure in accord with the state of the technology. 


Claimed Ls: 

1. A procedure for the determination of the magnitude of 
a noise (T DUT ) of an electronic object to be measured (2) by 
the input of a sine signal (S^ and the measurement of an 
associated power level by means of a level meter (3), therein 
characterized, in that by means of the level meter (3), a sine 
power level (P sla ) ajid a noise power level (P nolat ) are 
separately determined. 

2. A procedure in accord with claim 1, therein character- 
ized, in that the level meter (3) takes the sample of the output 
signals (S out ) and in that, from the sine power level, (P Kia ) by 
taking the arithmetical average in device (33), the samples 
and subsequent squaring (34) of the amount of the arith- 
metical average (AVG), the sample value may be deter- 
mined. 

3. A procedure in accord with claim 2, therein character- 
ized, that the noise power level can be obtained by taking the 
arithmetical average (35) of the amount squared of the 
samples and subsequent subtraction of the sine power level 

4. A procedure in accord with claim 2 or 3, therein 
characterized, in that prior to taking the average value (33, 
35), an estimation (28) and a revision (29) of a deviation of 
the frequency of the input sine signal (S-^) from the fre- 
quency of an available local oscillator (22) in the level meter 
(3) is carried out. 


k-B M -T tr ^ (Cjw/r GM) - kB M - T 0UT • {G mr r -G^ + k-BM-Tu • C M (42) 

Syr.crw Object a br mtasurtd Mccntnint trjtnm*nt 


T -T x TW < 43) 
it a - >DUT + rz 


[0128] With the formulae (38) to (43) there is made 
available the noise temperature T D ut a^id Uie amplification 
G DUT of the object to be measured 2, with the following 
equations: 

j _ f itft (PMESSjicb* ~ PcALnoi*) (44) 
A • B» f*MESSjin 


5. A procedure in accord with one of the claims 1 to 4, 
therein characterized, in that the magnitude of the noise is 
the noise temperature T DUT of the object to be measured 2, 
and the noise temperature T DUX can be determined by the 
formulae: 

T DL rr - **** *fcfi">*>« 

* * P MESS** 
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whereby 


Piix ihe power level of the sine signal at the 

input of the object to be measured (2) 
pMESSjir. roe sme power level measured with the 

level meter (3) 
PhiESSfioiu the noise power level measured with the 

level meter (3j 
k the fioltzmann Constant, and 

B M the bandwidth of the level meter (3) 


are defined as they appear in the above equation. 

6. A procedure in accord with one of the claims 1 to 4, 
therein characterized, in that, a calibration precedes the 
measurement, in which the sine signal (S^ has the same 
level as is the case with the measurement, however, circui- 
tously by-passing the object to be measured (2) the said sine 
signal (SiJ is input directly into the level meter (3) and in 
that the magnitude of the noise is the noise temperature 
and the noise temperature T DLrr of the object to be 
measured (2) is determined by the formula: 


Tdvt 


Pun 
'k-B M 


P MESS am 


wherein 


the power level of the sine signal 

at the input to the object to be measured (2), 

PmesVui the power level of the sine measured with 

intermediate circuitous inclusion of the object to be 
measured (2) and measured with the level meter (3) 

pMESS.Noi™ tbe power level of the noise measured with 

intermediate circuitous inclusion of the object 

to be measured (2) measured with the level meter (3) 

Pcai^doJm the power level of the noise measured without 
intermediate circuitous inclusion of the object 
to be measured (2) measured with the level meter (3) 

k the Botttmann Constant 

B M the bandwidth of the level meter (3). 


7. An apparatus for the determination of a magnitude of 
a noise (T DUT ) of an electronic object to be measured (2) 
with a sine -signal source (1), which produces a sine signal 
(Sin) wmcD * s to be input into the object to be measured (2), 
and a level meter (3) for the measurement of a power level 
at the output of the object to be measured (2), therein 
characterized, in that the level meter (3) is equipped with a 
sine power level detector device (31) for the separate and 
discrete capture of a sine power level and a noise power 
level detector device (32) for the capture of a noise power 
level (P^). 

8. An apparatus in accord with claim 7, therein charac- 
terized, in that the level meter (3) captures the samples of the 
output signal (S out ) at the object to be measured (2) and in 
that the sine power level detector device (31) determines the 
sine-power level Psin by taking the arithmetical average (33) 


of the sample and subsequent squaring (34) of the amount of 
the arithmetic average value (AVG) of the sample. 

9. An apparatus in accord with claim 8, therein charac- 
terized, in that the noise power level detector device (32) 
determines the noise power level (P^^J by taking the 
arithmetical average (35) of the square of the amount of the 
sample and subsequent subtraction (36) of the sine power 
level P^. 

10. An apparatus in accord with claim 8 or 9, therein 
characterized in that the level meter (3) has a frequency 
estimation device (28) which, prior to taking the average 
(33, 35) undertakes an estimation of a frequency deviation 
between the frequency of the sin signal (S^) input into the 
object to be measured (2) and the frequency of a local 
oscillator (22) present in the level meter (3), and a frequency 
correction device (29), which rectifies the said frequency 
deviation. 

11. An apparatus in accord with one of the claims 7 to 10, 
therein characterized, in that the magnitude of the noise is 
die noise temperature T Dtrr , and an evaluator (40) deter- 
mines the noise temperature T DUT of the object to be 
measured by means of the formula: 


Tout - 


k-BM PhfESS jut 

wherein the following symbols represent: 



the power level of the sine signal at the 

input of the object to be measured (2), 


the sine power level as measured with the 

level meter (3), 


the noise power level as measured with the 


level meter (3J, 

k 

the Boltzmann Constant, and 


the bandwidth of the level meter (3) 


12. An apparatus in accord with one of the claims 7 to 11, 
therein characterized in that a calibration precedes the 
measurement, in the case of which the sin signal P^ in x is 
input directly into the level meter (3) at the same level as 
determined by the measurement, however, without an inter- 
mediate routing through the object to be measured (2) and in 
that the magnitude of the noise is the noise temperature 
T and an evaluation device (40) determines the noise 
temperature T DLrr of the object to be measured in accord 
with the formula: 


- P CAUnoiit) 


P dn 


wherein the following symbols represent: 


the power level of the sine signal at the 

input of tbe object to be measured (2), 

the sine power level with circuitous inclusion 

of uV object to be measured (2) as measured with 

tlic level meter (3). 
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-continued 


the noise power level with circuitous inclusion 
of the object to be measured (2), as measured with 
the level mete/ (3), 

the noise power level without circuitous inclusion 
of the object to be measured (2), as measured with 
the level meter (3), 


-continued 


the Boltzmann Constant, and 

the bandwidth of the level meter (3) 
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Linear interpolation is performed among these tabulated 
function values, Ihe straight lines used for the interpolation 
are shown in FIG. 7. It can be seen that the linear increase 
is always independent of the position of the index. FIG. 3 
makes it apparent that it is more advantageous with regard 
to tabular error e IAn (i)/K to store the function values in 
storage device 20, not at the indices x { , x i+Jt etc., but at the 
positions between them, i.e., for example at the position 
(Xi+x^J/2. This reduces the tabular error e TAB (i)/K by half. 

[0042] When a uniform, constant increase m^^ is used 
for linear interpolation over the entire compressed argument 
range, then it can be demonstrated, for the case in which the 
mathematical function is the logarithm to the base 2 and the 
compressed argument range lies between 0.5 and 1, that for 
the constant increase at which the lowest maximum 

interpolation error occurs: 

««n«-3/(2-in2)-2.164 (13) 
[0043] However, the rounded constant increase m COIWt *2 is 
easier to implement. The error in the output signal Yixxi( x ) 
that arises when m^^^ is depicted in FIG. 5 as a function 
of first intermediate signal A. 

[0044] As mentioned hereinabove, the interpolation error 
can be reduced still further by dividing the argument range 
into multiple segments I a , t 2 , I 3 , with an increase that is 
constant within each segment but differs from one segment 
to the next. For example, the compressed argument range 
[0.5, 1) can be divided into the segments 


. 1 5 
/i:-sA<- 
2 8 

5 3 

3 

1 1 : z A < I 
4 


[0045] For these range limits A a «V8, A^/i, depicted in 
FIG. 6, it can be shown that the optimum increase to be used 
for linear interpolation in the three different segmeuts l lJ I 2 
and I 3 can be expressed by: 


li : "Wr.i = ~ ■ ft 2,5969 * 2.625 = 2 + 2" 1 +- 2' 5 

3 ■ wZ 

h = ~1~ » 1.6831 » 1,625 = 1+ 2' 3 

6 - Ln2 


[0046] The rounded values can be represented as a com- 
bination of integral powers of 2, and thus the multiplication 
operations performed during the linear interpolation can be 
performed by bit shifting without placing very great 
demands on the hardware. 

[0047] Although the index width Ax used in the example 
of FIG. 6 was four times that of the example of FIG. 5, the 
error did not increase substantially. 

[0048] The implementation for the aforesaid example is 
shown in FIG. 4. The less significant bits, which are not 
included in the address word ADR, form the data word 
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A- ADR and are routed to an interpolator 30. Asubtractor 21 
of the interpolator subtracts from the data word A- ADR the 
value Ax/2 that occurs in each case, Ax being the distance 
between two indices. This allows for the circumstance noted 
in reference to FIG. 3; that the function values Bl arc each 
tabulated between the indices, making this correction nec- 
essary. 

[0049] The output of subtracter 21. is connected to a first 
multiplexer 23 both directly and via a bit shifter 22 that 
increases the significance of the output values of subtractor 
21 by one position at a time. The output of subtractor 21 is 
further connected, via a second bit shifter 24 that decreases 
the significance of the bits from the output of subtractor 21 
by one position at a time, to a second multiplexer 25 to the 
other output of which the data value "0" is constantly 
supplied. Via a third bit shifter 26, which decreases the bits 
representing the output values of subtractor 21 by three 
positions, a first input of a first adder 27 is connected to the 
output of subtractor 21. The other input of the first adder 27 
is connected to the output of the second multiplexer 25. A 
first input of a second adder 28 is connected to the output of 
first adder 27, while a second input of second adder 28 is 
connected to the output of first multiplexer 23. The inter- 
polation values B2 are available at the output of second 
adder 28. The function value Bl read from storage device 20 
and the interpolation values B2 are supplied to the inputs of 
a third adder 29. The second intermediate signal B is then 
available at the output of third adder 29. 

[0050] Multiplexers 23 and 25 perform the task of switch - 
ing among the mutually different but intrasegmentally con- 
stant increases m^^, m consL2 and m consL1 in dependence 
on the exemplary values given hereinabove. For this pur- 
pose, multiplexer 23 connects the input labeled "1" to its 
output if the eighth bit, ADR(8), of the address word ADR 
is not set. Otherwise, the input of first multiplexer 23 labeled 
"0" is connected to its output. Second multiplexer 25 con- 
nects its input labeled "V to its output if the eighth bit, 
ADR(8), of the address word ADR is not set or the seventh 
bit, ADR(7), of the address word ADR is set. As can be seen 
from simple logical combination, this implements the exem- 
plary values given in Eqs. (15) for the different increases in 
the various segments I„ I 2 , I 3 of the compressed argument 
range. Bit shifters 22, 24, 26, multipliers 23, 25 and adders 
27, 28 thus form a switchable multiplication system 31. 

[0051] The invention is not limited to the exemplary 
embodiment described, and also lends itself to any desired 
mathematical functions. The invention can be implemented 
both as hardware in the form of an electronic circuit, 
especially an FPGA (free-programmable gatter array), and 
as software, for example in a digital signal processor. 

[0052] While the preferred embodiment of the invention 
has been illustrated and described, it will be appreciated that 
various changes can be made tuereiu without departing from 
the spirit and scope of the invention. 

The embodiments of the inventiou in which an exclusive 
property or privilege is claimed are defined as follows: 
1. A method for generating a digital output signal 
(vlogOO/K) as a mathematical function of a digital input 
signal (XlcoM) with the aid of a computer, a digital signal 
processor or an electronic circuit, comprising the following 
method steps: 
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amplifying or attenuating the input signal (Xj^^)) to 
generate a lirst intermediate signal (A) that falls within 
a compressed argument range of said mathematical 
function, and a correction signal (Shif^^) dependent 
on said amplification or attenuation of said input signal 
(XjlooM), 

reading from a table function values (Bl) tabulated at or 
between indices (x : , x^, y^ y 1+i ) in dependence on said 
first intermediate signal (A) and generating a second 
intermediate signal (B) in dependence on the read 
tabulated Junction values (Bl) and 

generating said digital output signal (YlooOO/K) by cor- 
recting said second intermediate signal (B) by means of 
said correction signal (Sbfit LOO ). 

2. The method as recited in claim 1, characterized by 

generating interpolation values (B2) in dependence on the 
deviation of said first intermediate signal (A) from said 
indices (x { , x lVl , y u y M ) and generating said second 
intermediate signal (B) by summing said read tabulated 
function values (Bl) and said interpolation values (B2). 

3. The method as recited in claim 2, characterized in that 

a linear interpolation is performed using an increase 
that is constant within said compressed argument 
range. 

4. The method as recited in claim 3, characterized in that 

the constant increase is so selected that the inter- 
polation error that occurs during the interpolation is as 
small as possible. 

5. The method as recited in claim 4, characterized in that 

said mathematical function is the logarithm to the base 2, 
said compressed argument range is between 0.5 and 1, 
and said constant increase is ra coruL -2. 

6. The method as recited in claim 2, characterized in that 

a linear interpolation is performed using increases 
m co M Li* m«mst.2 and m coi*L3 that are constant within 
segments between range limits (A u AJ. 

7. The method as recited in claim 6, characterized in that 

said constant increases m^ tl , m^j, m Mr » u3l are so 
selected that the interpolation error that occurs during 
interpolation is as small as possible. 

8. The method as recited in claim 7, characterized in that 

said mathematical function is the logarithm to the base 2, 
said compressed argument range is between 0.5 and 1, 
and said constant increases are m coa5tI »2+2" 1 +2" 3 , 
m™« J «2+2- 3 and m CQn , u3 «l+2 -3 . 

9. The method as recited in any of claims 1. to 8, 
characterized in that 

said digital input signal (x LOO (k)) consists of a real 
component (I) and an imaginary component (O) that 
are squared and summed before being acted upon by 
said mathematical function. 

10. The method as recited in claim 9, characterized in that 

said amplification or attenuation of said digital input 
signal (xjloqOc)) takes place at least in part before the 
squaring of said components (I, Q) of said digital input 
signal (x^OO). 

11. The method as recited in any of claims 1 to 10, 
characterized in that 


said mathematical function is the logarithm to a specified 
base and said correction signal (Shift^x*) represents 
the exponent (x) of the same base of an amplification 
factor (2 X ) used for the amplification and said correc- 
tion is made by subtracting said correction signal 
(ShiftjjQ^) from said second intermediate signal (B). 

12. A device (1) for generating a digital output signal 
(y lj00 (k)/K) as a mathematical function of a digital input 
signal (Xj^OO), comprising 

a level-changing device (6) which by amplifying or 
attenuating the input signal (XloqQc)) generates a first 
intermediate signal (A) that falls within a compressed 
argument range of said mathematical function, and a 
correction signal (Shift LOO ) that depends on the ampli- 
fication or attenuation of said input signal (x 1X)G (k)) t 

a storage device (20) in which function values of said 
mathematical function are stored at or between indices 
(xj, x Ul ; y £> y i+i ), the tabulated function values (Bl) 
being read from said storage device (20) in dependence 
on said first intermediate signal (A) and a second 
intermediate signal (B) being generated in dependence 
on the read tabulated function values (Bl), and 

a correcting element (12) that generates said digital output 
signal (yLoo(k)/K) DV correcting said second interme- 
diate signal (B) by means of said correction signal 
(Shifty). 

13. The device as recited in claim 12, characterized by 

an interpolator (30) that generates interpolation values 
(B2) in dependence on the deviation of said first 
intermediate signal (A) from said indices (x b x i+3t y t , 
yut)> and 

an adder (29) that sums said tabulated function values 
(B I) and said interpolation values (B2). 

14. The device as recited in claim 13, characterized in that 

in said interpolator (30) a linear interpolation is performed 
using increases m^^; m^^, m waHt . 3 ) that are each 
constant within segments (I 3 , \, h) °f said compressed 
argument range, and 

a switchablc multiplication system (31) is provided, 
which multiplies a multiplier (A-ADR-Ax/2) corre- 
sponding to the deviation of said first intermediate 
signal (A) from reference positions ((x^x,^).^, (y i( 
Yi-J/2)) defined by the indices (x,-, x^,, y it y i+ j, 
depending on the segment (l lf \, f 3 ) in which s?id 
intermediate signal (A) is located, by the constant 
increase (m^,, nw.2, m TOJwC3 ) appertaining to the 
segment (I t , I 2 , I 3 ) concerned. 

15. The device as recited in claim 14, characterized in that 

said swi tenable multiplication system (31) comprises bit 
shifters (22, 24, 26) that shift the significance of the bits 
of said multiplier (A-ADR-A/2), multiplexers (23, 25) 
and adders (27, 28). 

16. The device as recited in any of claims 12 to 15, 
characterized in that 

a square generator (2) is provided, which squares a real 
component (1) and an imaginary component (Q) of said 
digital input signal (XloqQ;)) and sums the squared 
components, *. 
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17. The device as recited, in claim 16, characterized in 
that 

said level-changing device (6) comprises a first level- 
changing subdevice (6 a) disposed before the input of 
said square generator (2) and a second level-changing 
subdevice (6b) disposed after the output of said square 
generator (2), and said correction signal (Shift lj00 ) is 
composed of a first correction subsignal (Sbift 1Q ) gen- 
erated by said first level-changing subdevice (6a) and a 
second correction subsignal (Shiftman) geuerated by 
said second level-changing subdevice (66). 

18. The device as recited in any of claims 12 to 17, 
characterized in that 

said mathematical function represents the logarithm to a 
specified base and said correction signal (Shift^o) 
represents the exponent (x) of the same base of an 
amplification factor (2*) used in said level-changing 
device, and 


said correcting element is a subtractor (12) that subtracts 
said correction signal (Shiftu^) from said second 
intermediate signal (B). 

19. A computer program comprising program-code means 
enabling it to perform all the steps recited in any of claims 
1 to 11 when the program is executed on a computer or a 
digital signal processor. 

20. A computer program comprising program-code means 
enabling it to perform all the steps recited in any of claims 
1 to 11 when the program is stored on a machine -readable 
data carrier. 

21. A computer program product comprising program- 
code means stored on a machine-readable carrier and 
enabling it to perform all the steps recited in any of claims 
1 to 11 when the program is executed on a computer or a 
digital signal processor. 

* * * * * 
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CLAIM SET AS AMENDED 
(currently amended) A method for estimating one of the 
frequency (f ai ) and the phase (<£ a i) of a digital input signal (x(i)) 
having the following process steps: 

- determining phase values (C a i(i)) of the digital input signal CAX^_ 
(x(i)), 

- summing the phase values (C a i(i>) over a predetermined summation 


length N/B^ which is a predetermined fraction l/B of an observation 


4- 


length of N phase values (C a i(i)), to create added-up phase values 
"(Sai(i))', '%i<> ^ )f<=*&< l^fo^ +~ 

- reducing a sampling rate of the added-up phase values (S a i(i)) by 
the factor N/B in comparison with a sampling rate (f a2 ) of the phase 
values (C al (i) ) , 

- delaying the added-up phase values (S al (i)) with at least B-l 
delay elements, each of which delays the added-up phase values 
(S al (i)) by one sampling period of the reduced sampling rate 
(f a2 *B/N) , 

- adding up the delayed differently delayed added-up phase values 
(S a i(i)) to create a resulting pulse response (h f ) of the frequency 
so that one of the result ing . pulse responses (h f ) of the frequency 
(f al ) is constant positive in a first interval [[(40)]], is zero in 
a second interval [[(41)]]^ and is constant negative in a third 
interval (42), and such that a [[the]] resulting pulse response 
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(h 0 ) of the phase that is constant in at least a middle interval 
[[(43)]] of the observation length [ [ (N) ] ] and is otherwise zero. 


r%/ (currently amended) The method of claim 1, wherein the fraction 
1/B is l/(3*n), where n is a positive [[an]] integer. 


^3 ./(currently amended) The method of claim 2, wherein the fraction 
1/B is 1/3, wherein a first delay element and second delay element 
two delay clcmcnto (15, 1 6 ) are provided, and wherein the added-up 
phase value (S a x(i-2)) at the output of the second delay element 
(1 6 ) is subtracted from the added-up phase value (S ai (i)) at the 
input of the first delay element (15) to determine the estimated 
frequency (f a i) - 


%/ (currently amended) The method of claim 2, wherein the fraction 
1/B is 1/3, wherein a first delay element and second delay element 


phase value (S al (i)) at the input of the first delay element 
[[(15)]], the added-up phase value (S a i(i)) at the output of the 
first delay element^ [[(15)]] and the added-up phase value (S ai (i- 
2)) at the output of the second delay element [[(16)]) are summed 
to determine the estimated phase (0 ai ) . 





two delay clcmcnto — — 3r64- are provided, and wherein the added-up 


5/ (currently amended) The method of claim 2 [[3]], wherein the 
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fraction 1/B is 1/6, wherein a first, second, third, fourth, and 
fifth f ivo delay elements (26 30) are provided, and wherein the 
added-up phase value at the input of the first delay element 
[[(26)]] and the added-up phase value (S a i(i-1)) at the output of 
the first delay element [[(26)]] are added, and from this the 
added-up phase values (S al (i-4)) at the output of the fourth delay 
element [[(29)]] and (S a i(i-5)) at the output of the fifth delay 
element [[(30)]] are subtracted to determine the estimated 
frequency (f a i) . 


S^/ (currently amended) The method of claim 2 [[4]], wherein the 
fraction 1/B is equal to 1/6, wherein a first, second, third, 
fourth, and fifth fiv e delay elements (2 6 30) are provided, and the 
added-up phase values (S a i(i-D) at the output of the first delay 
element [[(26)]], (S a i(i-2)) at the output of the second delay 
element' [[ (27) ] , (S ai (i-3)) at the output of the third delay element 
[[(28)']] and (S al (i-4)) at the output of the fourth delay element 
[[(29)]] are summed to determine the estimated phase (0 ai ) . 


7/ (currently amended) The method of claim 1, wherein each of the 
first interval interval o [[(40)]], the second interval^ [[(41)]] 
and the third interval [[(42)]] of the resulting pulse response 
(hf) of the frequency has a length of N/B, in particular 1/3 N. 
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currently amended) The method of claim 1, wherein the middle 
interval [[(43)]] of the resulting pulse response (h^) of the phase 
has the length N* (3n-n) /3*n, in particular 2/3 N, where n is a 
positive integer. 

^./(currently amended) The method of claim 1, wherein the middle 
interval [[(43)]] of the resulting pulse response (h$) extends over 
the total observation length N. 



(currently amended) An apparatus for estimating . the frequency 
(f a i) and/or the phase (<£ a i) of a digital input signal (x(i) ) , the fcs^ 
apparatus comprising: 

- a phase determining device^ [[(3)]] which determines phase values. 
(C a i(i)) of the digital .input signal (x(i)), 

. - a first filter [[(4)]], which adds up the phase values (C aX (i)) 
over a predetermined summation length N/B, which is a predetermined 
fraction l/B of an observation length of N phase values (C a i(i)), to 
form added-up phase values (S a i(i)), and the sampling rate of the 
added-up phase values (S a i(i)) is reduced by a factor N/B in n 
comparison with a sampling rate (f a2 ) of the phase values (C a i(i)), 

- a second filter [[(8)]] which delays the added-up phase values C*-Ajl|aA- y 
(S a i(i)) in a chain of at least B-l delay elements (15, — 16; 2 6 30) , 

which respectively delay the added-up phase values (S a i(i)) by one 
sampling period of the reduced sampling rate (f a 2 # B/N) , and adds or 
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subtracts the differently delayed delayed added-up phase values 
(S a i (i) ) [ [ , ] ] to create a resulting pulse response (h f ) of the 
frequency so that at least one of: a resulting pulse response (hf) 
of the frequency is constant positive in a first interval [[(40)]], 
is zero in a second interval , or [[(41)]] aftd is constant negative 
in a third interval^ (42) ; and wherein they arc added to create a 
resulting pulse response (h^) of the phase is created so that the 
resulting pulse response (h^) of the phase is constant in at least 
a middle interval [[(43)]] and is otherwise zero. 


Mis (currently amended) The apparatus of claim 10, wherein the 
phase determination device [[(3)]] has a counter [[(24)]] whose 
count is read out at a constant sampling rate (f a 2) - 


$?y- (currently amended) The apparatus of claim 10, wherein the 
first filter [[(4)]] has an integrator [[(10)]], a differentiator 
[[(11)]] and a first sampling-rate converter [[(14)]] arranged 
between the integrator [[(10)]] and the differentiator [[(11)]] to 
reduce the sampling rate of the added-up phase values (S a i(i)) by 
the factor N/B in comparison with the sampling rate frequency (f a2 ) 
of the phase values (C a i(i)). 


€.3/ (currently amended) The apparatus of claim 10, wherein the 
fraction l/B is 1/3, and the second filter [[(8)]] has a first 
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delay element and a second delay element two delay clcmcnto — {±&t 
3r€-)- and a subtractor^ [[(18)]] which subtracts the added-up phase 
values (S a i(i -2)) at the output of the second delay element [[(16)]) 
from the added-up phase values (S a i(i)) at the input of the first 
delay element [[(15)]] to determine the estimated frequency (f aX ) . 

(currently amended) The apparatus of claim 10, wherein the 
fraction 1/B is 1/3, and the second filter [[(8)]] has a first 
delay element and a second delay element two delay clcmcnto — (15 , 
and adders (20, 21) which sum the added-up phase values (S a i(i)) 
at the input of the first delay element [[(15)]], the added-up 
phase values (S a i(i-D) at the output of the first delay element^ 
[[(15)]] and the added-up phase, values (S a i(i-2)) at the output of 
the second delay element [[(16)]]. to determine the estimated phase 

(0al) . 

(currently amended) The apparatus of claim 13, wherein a second 
sampling-rate converter (37, — S3-)- is arranged to follow at least one 
of the adders 4^0-? — Mr)- and the subtractor [[(18)]] to reduce the 
sampling rate by a factor of 3. 

(currently amended) The apparatus of claim 10, wherein the 
fraction 1/B is 1/6, and the second filter [[(8)]] has a first, 
second, third, fourth, and fifth five delay elements (2 6 30) , an 
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adder ([(31)]] that adds up the added-up phase values (S a i(i)) at 
the input of the first delay element [[(26)]] and the added-up 
phase values (S a i(i-D) at the output of the first delay element 
[[(26)]], and subtractors — 3^4- which subtract therefrom the 
added-up phase values (S a i(i-4)) at the output of the fourth delay 
element [[(29)]] and the added-up phase values (S ai (i-5)) at the 
output of the fifth delay element [[(30)]] to determine the 
estimated frequency (f a i) . 

(currently amended) The apparatus of claim 10, wherein the 
fraction l/B is 1/6, and the second f ilter [ [ (8) ] ] has a first, 
.second, third, fourth, and fifth f ivc : delay ' elements (26 30) and 
adders (3 4 36) which add up the added-up phase values (S al (i-1)) at 
the output of the first delay element [[(26)]], the added-up phase 
values (S al (i-2)) at the output of the second delay element 
[[(27)]], the added-up phase values (S a i(i-3)) at the output of the 
third delay element [[(28)]] and the added-up phase values (S aX (i- 
4)) at the output of the fourth delay element [[(29)]] to determine 
the estimated phase ($ a i) . 

j^^^t currently amended) The apparatus of claim 16, wherein a second 
sampling-rate converter — 2-3-)- is respectively arranged after at 
least one of the adders (34, — 3-64- and the subtractors (32 , — £34- for 
reducing the sampling rate by a factor of 6. 
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